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Internet 所提供的尽力而为服务，即 UDP 服务，仅仅依靠传统的一些互联网协议
已经无法满足实时通话的需求，在这种形势下，因特网工程任务组 IETF 制定了
实时传输协议 RTP（Real-Time Transport Protocol）标准，实时传输协议位于应用
层和传输层之间，它可以很好的完成双向语音及视频的通信，避免了 TCP 协议
进行语音通信实时性差的缺点，同时减小了网络时延，改善了语音传输效果。 
本文在 linux 上开发 VoIP 系统，主要实现了 RTP 的音频和视频传输，主要
的工作如下： 
1、介绍了 VoIP 相关协议，主要包括 SIP 和 RTP 协议，分析了它们的特点。




4、 后对目前较成熟的 VoIP 电话产品 Linphone 进行了功能上的比较，并
对自己的研究课题提出了展望。 
 






























VoIP is a new technology which has emerged since last decade and it has broad 
prospects for development。Audio-streaming of VoIP is transferred through the 
internet。Real-time communication has been occupied a dominant position in the 
internet application with the development of computer networks and communication 
technology。IP phone as the next generation telephone has been taken seriously and 
the reasons for that is the quality of its voice which is transferred by communication 
service manager and the ratio of IP information。Simultaneously，another important 
factor is the cost of communication is cheaper than the traditional phone。 
Transmission of Voice-data through Internet has some features，such as 
real-time、continuity、burst characteristics and so on，and these factors make the 
transmission of VoIP-data different from the traditional model。In the real-time 
communication，it provided UDP’s services and the traditional internet protocol has 
been unable to satisfy the demand of real-time communication。In this situation，IETF 
developed the RTP standard which is located between application layer and 
transmission layer and which could complete the communication between 
audio-streaming and video-streaming perfectly。It avoids the defection of TCP such as 
pool real-time in communication。Simultaneously，it reduces the network delay and 
enhances effect of communication。 
This paper talked a VoIP system developed on linux，The main goal is 
completed communication of audio and video by RTP protocol，The major work is as 
follows： 
1、 Introduced VoIP-related protocol，Including：SIP and RTP protocol，
Futhermore，analysis of the characteristics about them，and raise to adopt the protocol 
of RTP to complete the design of real-time data transmission。 
2、 Development of the real-time transmission of audio and video on linux 
system，And based on the original result I realize the two-way’s communication mode 
of audio and video。 
3、Analysis of the quality of audio and video’s transmission，and I got 
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4、Finally, I compare my research with the more mature of the current VoIP 
phone——Linphone in function, and make outlook for my research subject。 
 
















目  录 
 
第一章 绪论 ..................................................................................................1 
1.1 研究背景和意义 .............................................................................................1 
1.2 VoIP 系统的国内外现状 .................................................................................1 
1.3 本文研究的主要内容与组织结构 .................................................................4 
第二章 VoIP 系统简介 ................................................................................5 
2.1 引言..................................................................................................................5 
2.2 VoIP 系统.........................................................................................................5 
2.2.1 简介.........................................................................................................................5 
2.2.2 VoIP 关键技术 .........................................................................................................6 




2.4 本章小结 .......................................................................................................16 
第三章 RTP 传输协议...............................................................................19 
3.1 引言................................................................................................................19 
3.2 RTP 实时传输协议 .......................................................................................19 
3.2.1 概述........................................................................................................................19 
3.2.2 RTP 协议................................................................................................................20 
3.2.3 实时传输控制协议 RTCP ....................................................................................22 
3.3 RTP 工作机制................................................................................................30 
3.4 本章小节 .......................................................................................................31 
第四章 VoIP 系统语音及视频通话的设计与实现.................................33 
4.1 引言................................................................................................................33 
4.2 流媒体 ...........................................................................................................33 
4.2.1 概念.......................................................................................................................33 
4.2.2 支持流媒体的协议...............................................................................................34 














VoIP 系统中基于 RTP/RTCP 协议的语音及视频传输的设计与实现 
 
4.3.2 程序设计流图.......................................................................................................37 
4.4 音频传输实现 ...............................................................................................40 
4.4.1 相关结构体及函数说明 .......................................................................................40 
4.4.2 主函数的流程图...................................................................................................43 
4.4.3 过滤器 Filter .........................................................................................................48 
4.5 视频实时传输的实现 ...................................................................................49 
4.5.1 视频的获取...........................................................................................................49 
4.5.2 视频的实时传输...................................................................................................53 
4.6 本章小节 .......................................................................................................55 
第五章 系统测试与分析 ...........................................................................57 
5.1 系统测试 .......................................................................................................57 
5.1.1 音频通信...............................................................................................................57 
5.1.2 视频通信...............................................................................................................59 
5.2 参数分析 .......................................................................................................61 
5.3 功能比较 .......................................................................................................63 
5.4 本章小节 .......................................................................................................64 
第六章 总结与下一步工作 .......................................................................67 
6.1 论文的总结 ...................................................................................................67 
6.2 下一步工作 ...................................................................................................67 
参考文献 ......................................................................................................69 
攻读硕士学位期间的研究成果 .................................................................71 


















1.1 Research Background.....................................................................................1 
1.2 VoIP system’s present situation in domestic and foreign.............................1 
1.3 Structure of Thesis ..........................................................................................4 
Chapter2 Introduction of VoIP System .....................................................5 
2.1 Introduction.....................................................................................................5 
2.2 The system of VoIP .........................................................................................5 
2.2.1 Synopsis ...................................................................................................................5 
2.1.2 VoIP key technology.................................................................................................6 
2.3 SIP Protocol ..................................................................................................8 
2.3.1 Outline......................................................................................................................8 
2.3.2 Protocol structure ...................................................................................................13 
2.3.3 Definition of Protocol ....................................................................................14 
2.4 Summary of this Chapter.............................................................................16 
Chapter3 Transport Protocol of RTP ......................................................18 
3.1 Introduction...................................................................................................18 
3.2 Real-time Transport Protocol of RTP .........................................................19 
3.2.1 Synopsis .................................................................................................................19 
3.2.2 Protocol of RTP......................................................................................................19 
3.2.3 Real-time Transport Control Protocol of RTCP .....................................................21 
3.3 Work of RTP..................................................................................................29 
3.4 Summary of this Chapter.............................................................................31 
Chapter4 Realization and Designation of Audio and Video’s 
Communication in VoIP System...............................................................33 
4.1 Introduction...................................................................................................33 
4.2 Streaming Media ...........................................................................................33 
4.2.1 The Concept ...........................................................................................................33 
4.2.2 Protocol of Streaming Media .................................................................................34 
4.3 Basic design....................................................................................................34 
4.3.1 introduction of the system......................................................................................34 













VoIP 系统中基于 RTP/RTCP 协议的语音及视频传输的设计与实现 
 
4.4 Realization of Audio Transmission..............................................................40 
4.4.1 Description of Correlation Function ......................................................................40 
4.4.2 Main Function’s Flow Chart ..................................................................................43 
4.4.3 Filter .......................................................................................................................48 
4.5 Realization of Video Transmission ..............................................................49 
4.5.1 The Video Streaming’s Accession ..........................................................................49 
4.5.2 Video Streaming’s Real-time Transport .................................................................53 
4.6 Summary of this Chapter.............................................................................55 
Chapter5 System testing and analysis .....................................................57 
5.1 System testing ................................................................................................57 
5.1.1 Audio Communication ...........................................................................................57 
5.1.2 Video Communication............................................................................................59 
5.2 Parametric Analysis ......................................................................................61 
5.3 Function Comparison ...................................................................................63 
5.4 Summary of this Chapter.............................................................................64 
Chapter6 Summary and Future Works ..................................................66 
6.1 Summary of this Paper.................................................................................66 


























家（如美国）本地电话 Internet 接入采用包月制，不限时限量，因此 Internet 是
近乎免费的，人们都希望能通过这近乎免费的网络进行传统的电话和传真服务。
1995 年 2 月以色列 VocalTec 公司研制出可以通过 Internet 网打长途电话的软件产
品"Internet Phone"，用户只要在多媒体 PC 机上安装该软件，就可以通过 Internet
网和任何地方安装同样软件的联机用户进行通话。这项技术上的突破引起全世界
的瞩目，其背后的无限商机也使许多公司进行此项技术的研究，从而使 IP 电话
技术得到迅速发展，人们把这种在 Internet 上实现的电话业务称为 Internet 电话，
应该说是 IP 电话的雏形。 
经过十几年的发展，IP 电话已作为信息技术进步带来的一项新型电话业务
在全世界开展，并对传统电话业务形成越来越大的威胁。IP 电话从当初的 PC 到
PC 发展到今天的 PC 到 PC、PC 到电话、电话到电话等多种业务形式，但不论
是现在还是将来，电话到电话的应用将拥有 大的市场，IP 电话承载网络可以
是 Internet ，更多的是遵循 TCP/IP 协议的专用网或 Internet 。因此对我们来说，
IP 电话/传真就是通过 IP 网络传送电话/传真业务。IP 网泛指基本 TCP/IP 协议的
网络，包括因特网和企业网。   
1.2 VoIP 系统的国内外现状 
近几年来，IP 技术及其业务高速发展，IP 技术与电信技术的融合速度也在
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和应用预示着以 IP 为基础的新一代以多媒体通信为主的信息网络时代的出现。
目前国内已有的 VoIP 技术虽然有各种各样的实现方式，但都采用 TCP/IP 协议作
为传输层协议，而且依据的通信协议基本是一致的，如H.323协议[3]、H.248/MGCP
协议[3]、SIP 协议[3]等。通常把这类通过 IP 协议传送语音的技术统称为 VoIP 技术。  
VoIP 技术曾被认为是在未来的电信网络中承载语音业务的基本技术。随着







目前国内可以支持 VoIP 业务开展的主要实现形式有两种，即基于 H.323 协
议的 IP 电话网络和基于 SIP 协议的 IP 电话网络。 
1．基于 H.323 协议的 IP 电话网络 
H.323 协议 早是由 ITU-T 提出的、一种基于不保证服务质量分组网络的会
议电视标准，虽然其可以很好地满足在互联网上开展业务的要求，但它的设计思
路更接近传统电信网络集中管理的原则。从上个世纪九十年代开始，各大电信运
营商开始建设依据 H.323 协议的 IP 电话网络，并形成了相当的规模。基于 H.323
协议的 IP 电话网络也是目前应用 为广泛的 VoIP 实现技术，据统计，目前全国
的国际长途业务的话务量相当部分是经由各运营商的 H.323 长途 IP 电话网络传
输的。其中，中国联通建设的 IP 电话网在规模上是世界上 大的商用 IP 电话网
络，每年承担着几亿分钟的国际国内长途话务量。经过几年的实践，已积累了大
量的运营管理经验。 
2．基于 SIP 协议的 VoIP 电话 
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